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FIG. 2
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FIG. 44

RG_PDD_offnet.cap - Wireshark M

File Edit View Go Capture Analyze Statistics Help .
oD DD e X QBRI |~ oL BB QB BB BIXE

File: v| Expression.. Clear  Apply
NO. | TIME SOURCE DESTINATION PROTOCOL INFO

W* msébcxnm \v ‘.se In

lllllllllll
lllllllllllllllllll

P

190 .5.7:677910 |
52 _[SLI97681 1019454_. 12100160101 _RTP___PIEIU G
53757 B0TIST 10,1047 THLIG0 180 6T SIP/STR Sk

S TSTRTTRR0 101046 4 — TG0 TO0IGT RIP PRIl G 71'Pcuu ssnc'oxlmsu‘,,sm-ﬁogsz =i
155 157.837697 (10.194.6.4 | 12.160.180.161| RTP | PI=T0 6, 7 CM, SSRO=OutACASEM, Seq=50853 Time=615
56 57857655 110.194.6.4 | 12.160.180.161| RTP  FI=T G 71 POML, SSRC=OutACASEAT, Seq=G0854 Tnec5{67

o7 |21.877674110.194.6.4 | 12.160.180.161 RTP | 1=l 6, 71 POV, SSRC=0y ACASLEAY, 2eq=60303 Time=5103

o8 [2/.89/634 10.194.6.4 | 12.160.180.1611 RTP | pr={fl ¢, 71 BOM, SSRC=Ox14CASEA , Seq=60956 Time=6193

59 57.917709 (10.194.6.4 | 12.160.080.161, RTP | = , 71 PO, SSRO=DACASEAT, Seq=50957 Tme=6215
60 57937670 10.194.6.4 | 12.160.180.161| RTP | PI-IU 6, 71 POM, SSRC=OcTACASEAT, Seq=60858 Time=5131

51 |57.957688 10.194.6.4 | 12.160.180.161) RTP [P ¢, 7 PCHL SORC=Ox14CASEAT, Seq=60959 Time=624/

62 (57.977706 1019464 | 12.160.180.161) RTP | = G 71 PO, SRC=DTACASEA, Seq=60980 Time=6163 |
63 57993185 |12.160.180.161( 10.194.6.4 | RTP | PI=Iiy 6, 7 PO SSRC-DxECBOOSQE,,Seq-ﬂW fime=1366

64 197.997683 |10.194.6.4 | 12.160.180.161) RTP LEUER pcuu SSRC=Ox1ACASEAT, Seq=60961 Tme=617S

... 0000 = Contr‘ibutin? source identifiers count; 0
0 ... ... = Marker: False

Payload type: ITU-T G.711 PCMU (0} |
Sequence number: 60950

[{Extended sequence number: 60950
imestamp: 61030

Synchronization Source identifier: Dx14c08941(3488190009)
Payload: FIFOF9FOFIFIFOFIFIFIFFIFaFSFIFaFa....

0030 ee 66 14 ca 8¢ of 41FEGIIAIG I RIS, LA

llllllllllllllll
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0080 fbifh fbifh thiSh b Hd M fdtd e M wii i
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lllllllllllllllllllllll

0090 :fdifefefe dodede fe foufe e fefote ifede G LG
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llllllllllllllllllllllllllllllllllllllllllllllll

0000 ifeifeifc o fd o8 fdidd ddiddidd fd fe fd fdidd. i

4 ] | ] ]
llllllllllllllllllllllllllllllll

00b0 fd:fd: fd:fd feic8:de He e fefodefe dodele i

lllllllllll
lllllllllllllllllll

00c0 fefeqdidicaBlods ol fe fold hoifote AR

.....
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12160180161 L d d
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Payload (rtp.paylood), 160 byles  P: 1250 D: 1250 M: @ ]
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FIG. 4B
RG_PDD_offnet.cap — Wireshark [ ]{&][x]
file Edit View Go Capture Analyze Statistics Help
R RSN EE R HREIEE R EHEERRE
File: | v| Expression.. Clear  Apply

NO. | TIME SOURCE DESTINATION PROTOCOL, INFO
63 573669 12 160 180.161 10 19464 RTP PI=T0-T G, 71 PCM, SSRC=OxdCBAA32, Seq-27755 Time=1366

ik B 45 R R ot SR iﬁiu;:ﬁiﬁ:ﬁ'lﬂﬁﬂEEHMﬂi1¥5ﬁ%;n - Tine= 14
53 593552 12 160.180. 161 10 194 64 RTP [ PI=IU-T G, 71 MU, SSRC=0xSCB00392, Seq=27737 Time=1966 |
63.597659 (10.194.6.4  12.160.180.161 | RTP | FI=Il TG I PCNU SSRC=Ox1ACABEA1, Seq=61241 Time=1073
63.61361612,160.180.161]10.194.6.4 RTP | P=U-T 6, 71 MU, SSRC=0r50800382 Seq=27758 Time=1366
53.61763710.194.6.4  |12.160.180.161 ~ RTP | PIIl H} T O, SSRC=0 4CABEA, q'51242 Time=10/7
53.633672|12.160.180.161/10.1946.4 RTP |P=Il- IG, 11 PCH, SSRC= 0150800392 5eq=27739 Time=1966
63.63767210.194.6.4 |12160.180.061 | RTP | P16 1 P, SRC-DCHCIEH, S=51245 01
63.653544 |12.160.180.161{10.194.0.4 RTP | PI=ITU-T G, 71 PCMl, SSRC=0x3CBO0392, Seq=27760 Time=1360
63.657771110.194.6.4  [12.160.180.161 | RTP | PI=U-T G 71 PCM, SSRC=0x14CABEA!, Seq=61244 Time=1080
63.673584 |12.160.180.16110.194.6.4 RTP {PI=M- 6, 1 PCHIJ SSRC=045C80030] Seg=27761 Time=1966
63.677629 10.194.6.4  12.160.180.161 | RTP |F=V-T G, 7t PCM, SSRC=Dx14CAGEA1, Seq=51240 Time=1082
63.693559 112.160,180.161(10.134.6.4 RTP | PI=-T 6, /1 PC\IIJ SR(-= 0156300392 560=27767 Time=1966 |
63.607786 10.194.6.4  12.160.180.161 | RTP  |=IU-T 6, 71 ROML, SSRC=Ocl4CABEA], Seq=51245 Time=1083
63.713586 [12.160.180.16110.194.6.4 RTP [A=M-T 6, 1 PC\IU SSRC=DhSCRINRY), %q=27763 Time=166
63.717764(10.194.6.4  |12.160.180.161 | RTP |PI-IU-T 6, /1 PCHU SORC=0x14CABE41, Seq=b1247 Time=1083
63.73367212.160.180.161 10.194.6.4 RTP  [PT=IU-T 6, 74 PCNU, SSRC= UxSCBUUSBZ 360=27764 Time=1966
63.737800 (10.194.6.4  |12.160.180.161 | RTP |PI=[U-T &, /I PCiL S3RC=0x14CABEAY, Seq=61248 Time=1007
63.753543 |12.,160,180.16110.194.6.4 RTP | PI=ITU-T 6, 71 PO, SSRC'GISCBOOSBE 3eq=27763 Time=1366
63.757779(10.194.6.4  |12.160.180.161 | RTP  \PIEIU-T G, /1 PCNU OSRC=0¢!4CABE, Seq=61249 Time=1088
63.773574 12.160.180.161 10.194.6.4 RTP | PI=M-T 6, 71 PCNU, SSRC:OxSCBDO392, 5q=27766 Time=1366

... 0000 = Contributin? source identifiers count: 0
| = Marker: False

Payload type: ITU-T G.711 PCMU (0)
Sequence number: 61240

!{Extended sequence number; 61240
imestamp: 107430

~ Synchronization Source identifier: 0x14caBed! (348819009 , i

0030
0040 f;gi

0050 | 76 7¢
006 jisire
0070 [e:7s '?' '7& 7e -Te--?a- ?a 7ﬁ ?ﬂ 'EE 'e3"¢e' 'c'ﬁ' 6'2' !t:3

lllllllllllllllllllllll

‘ 0080 |c5icd 74058 5% 4d: 4e :4d 50 59 06 :1d: eB df dd

060 g2 s0 7 0 Tole 6 ed ol el o] | ...... m
0000 |56.4f de:4t 5398 7d do ce o8 cd b cd-de ba VBN{}'SA } ........ i ]

00b0 FdfiAS:4T:3d 3d 4T ﬁi‘iﬁf' ‘d'ﬂ' é;?"bﬂ 'b'g' 'hﬁ"ﬁd bfé."fid' DE? ----------------
00c0 |:¥0:4F: 3ei5H: 34

Payload (rtp.payload), 160 bytes Ps 1250 D: 1250 M: 0 0
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FIG. 4C
RG_PDD_offnet.cap - Wireshark L5 x] |
kile Edit View Go Caplure Analyze Statistics Help
@0 e X[ BER~ -l {t BEKQQE|R|E B X |
| File: v| Expression.. Clear  Apply
NO. | TIME | SOURCE  DESTINATION PROTOCOL INFQ
791/65.137789 110.194.6.4 | 12.160.180.161| RTP  IPT=IM-T G, 71 PCMU, SSRC=0¢14CABEA1, Seq=51318 Time=1199
792165135617 |12.160.180.161| 10.194.6.4 RTP PI=MU-T 6, 1 PCWU, SSRC=DxaCBO039, Seq=27835 Time=1966
793165.157826 (10.194.6.4 | 12.160.180.161| RTP  PI=[TU-T G, 71 PN, SSRC=OxACABEA1, Seq=61319 Time=1200
794/65.175607 112,160.180,161 | 10.194.6.4 RTP  P=ITU-T 6, 71 PCM. SSRC=0x3CBO0392, Seq=27836 Time=1956
799165.177870 110,194.64 | 12.160.180.161 RIP | Fif-1 , J1 P SSRC=_0;14CA3£;12_ S _:31320 Time=1 207
QRN TQABRE T A0 SR LB 0944 B R R el s Pl SRGEUAGBUGOYE: &t - i Febh::
797 65.107788 |10.194.6.4 | 12.160.180.161| RTP | F=-T €, 7t PCA, S5RC=OxlAGABEA1, Seq=61321 Time=120
798 65.21361 |12.160.180.161| 10.194.6.4 | RTP | PTG, 73 M, SSRC=CrdXBONIS2, Soq=27838 Time=165
799/65.217825 110.194.6.4 | 12.160.180.161| RTP | PT=U-T G, 71 BCMD, SSRC=Ox14CABEA], Seq=61.22 _.me=‘205
800 65.253591 [12.160.180.161 | 10.194.6.4 RTP | M=fU-T G, 74 PCM, SSRC=0xaCB00JZ, Seq=27839 Time=1366
801|65.237802 10.194.6.4 | 12.160.180.161 RTP | PI=U-T G, 7t PEMU, S3RG=Ox 4CABEA, Seq=61325 ime=1201
802/65.253618 12.160.180.161| 10.194.6.4 RTP  {PT=IU-T 6, 71 PCMU, SSRC=0x3CB0032, Seq=27840 Time=1366
803|65.257784 10.194.6.4 | 12.160,180.161| RTP | PI=M-T G, 71 POW, SSRU=Ul4CAGEA1, Seq=b1024 Time=1208
804 65.275621 12,160.180.161] 10,194.6.4 RTP | PI=IU-T €, 71 PO, SSRO=0x0CB00332, Seq=27841 Time=196
805(65.277818 [10.194.6.4 | 12.160.180.161| RTP | P=IU-T G, 71 PCW, SSRC=Cx14CABEA, Seq=b1325 Time=1210
806/65.293601 |12.160.180.161( 10.194.6.4 | RIP | i=M-T G, 71 POl SSRC=OxGCBOOI9D, Seq=27842 Time=166
807|65.297797 {10.194.6.4 ' 12.160.180.161! RTP  [Fi=M-T G, 74 Poul, S5RC=DxT4CAGEAT, Seq=b132 ]]me:1211
80865513638 112.160.180,161 10.194.6.4 RTP (PT=U-T G, 71 PCML, SSRG=0x0CBO032, Seq=27843 ime=1966
809(65.317835 10.194.6.4 [ 12.160.180.161| RTP  [PI=ITU-T G, 71 PCWU, SSRC=OxT4CABEA', Seq=61327 Time=121]
810(65.333609 (12.160.180.161 1 10,194.6.4  RTP  |PI=IV-T 6, 71 PCWU, S3RC=0xaCBOS32, Seq=27844Time=1306
| 811(65.337808 [10.194.6.4 ‘2.160.180.161| RTP  |PI=MU-T 6, 71 PCMU, SSRC=Dx14CABEA1, Seq=61328 Time=1215 |
... 0000 = Contributin? source identifiers count: 0
| S = Marker: False
Payload type: 1TU-T G.711 PCMU (0}
Sequence numoer: 2/33/
[[Extended sequence number: 93373
imestamp: 1966519009
Synchronization Source identifier: 0x5¢b00392 (1555039122)
Payload: F9f7 f4 2 12 f1 1 1 {0 f1 {3 {6 fA FE 7A75716F6EGEOLGF /2/4...
0030  6¢c bd 75 36 b2 el 5¢ b0 03 92:49:-#F:04 42426 6.\, G
0040 33 Bt
0090 il
006 it
0070
0080
0090
00a0
00b(
00c0
| Payload (rtp.payload), 160 bytes  P: 1250 D: 1250 M: O
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METHOD FOR MEASURING PROCESSING
DELAYS OF VOICE-OVER IP DEVICES

BACKGROUND

Voice-over Internet Protocol (VoIP) 1s a protocol optimized
for the transmission of voice through the Internet or other
packet-switched networks. VoIP allows users to use regular
telephone networks anywhere through any Internet service
provider. VoIP systems carry telephony signals as digital
audio encapsulated 1n a data-packet stream over IP by con-
verting analog audio signals to digital data that can be trans-
mitted over the Internet. VoIP devices (e.g., terminal adapters,
SIP phones, Media Gateways) are able to convert analog
signals to digital signals encapsulated 1n the packets to be
transmitted over the Internet.

VoIP may experience some time delays as a result of physi-
cal distance, the number of router hops, encryption and voice/
data conversion. A typical packet will be forwarded over
many links via many gateways, each of which will not begin
to forward the packet until it has been completely received.
Processing delays are incurred while a gateway determines
what to do with a newly recetved packet. Small delays are
generally not noticeable by users, but larger delays may result
in a degradation of voice quality. Thus, 1t 1s desirable to
measure processing delays associated with VoIP devices to
determine whether processing delays added by VoIP devices
are acceptable.

However, current measuring techniques use difierent tools
to measure VoIP performance 1n the analog and IP domains,
which makes it difficult to determine the time it takes for a
VoIP device to convert an analog event into an IP event and
vice versa. Thus, a method for accurately determining pro-
cessing delays added by VoIP devices to end-to-end transmis-
sion delays and post-dialing delays may be beneficial to deter-
mine whether they are degrading the end-to-end performance
of VoIP calls. Any company providing VoIP services or devel-
oping VoIP products may use the technique to assess the
company’s equipment performance.

SUMMARY OF THE INVENTION

A method for recording analog signals exchanged between
a telephone device and a VoIP device, capturing packets
exchanged between the VoIP device and an IP network, deter-
mimng analog time values corresponding to analog charac-
teristics of the analog signals, determining digital time values
corresponding to digital characteristics of the packets, deter-
mining a common reference time for the analog time values
and digital time values and determiming a processing delay
based on the analog time values and the digital time values.

A system measuring a processing delay of a VoIP device
having a recording device recording analog signals
exchanged between a telephone device and the VoIP device, a
packettrace device capturing packets transmitted between the
VoIP device and an IP network and a processor determining,
analog time values corresponding to analog characteristics of
the analog signals, determining digital time values corre-
sponding to digital characteristics of the packets, determining
a common reference time for the analog time values and
digital time values and determining a processing delay based
on the analog time values and the digital time values.

BRIEF DESCRIPTION OF THE DRAWINGS

FI1G. 1 shows a system for measuring processing delays of
VoIP devices according to an exemplary embodiment of the
present invention.
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FIG. 2 shows a method for measuring processing delays of
VoIP devices according to an exemplary embodiment of the

present 1nvention.

FIG. 3 shows a screen view of an exemplary analog record-
ing according to an exemplary system and method of the
present invention.

FIG. 4A shows a first screen view of an exemplary packet
trace according to an exemplary system and method of the
present invention.

FIG. 4B shows a second screen view of the exemplary

packet trace of FIG. 4A.
FI1G. 4C shows a third screen view of the exemplary packet

trace of FIG. 4A.

DETAILED DESCRIPTION

The exemplary embodiments may be further understood
with reference to the following description and the appended
drawings, wherein like elements are referred to with the same
reference numerals. The exemplary embodiments relate to a
system and method for measuring processing delays associ-
ated with VoIP devices. It should be noted that although
exemplary embodiments of the present invention show and/or
describe measuring the processing delay of a terminal
adapter, the system and method of the present invention may
be used to measure processing delays of any VoIP device such
as, for example, SIP phones, Media Gateways, etc.

As shown 1 FIG. 1, a system 100 according to an exem-
plary embodiment of the present invention comprises a
recording device 104 and a packet trace tool 108. The record-
ing device 104 1s connectable between a telephone network
device 110 and a VoIP device 112 via atelephone tap 102 such
that the recording device 104 may record an analog signal that
1s transmitted between the telephone network device 110 and
the VoIP device 112. The packet trace tool 108 1s connectable
between the VoIP device 112 and an IP Network 114 via a hub
106 such that the packet trace tool 108 may take a packet
capture of packets transmitted between the VoIP device 112
and the IP Network 114. In the example shown, the telephone
network device 110 1s a standard telephone while the VoIP
device 112 1s a terminal adapter. It will be understood by those
of skall in the art, however, that any telephone network device
110 and VoIP devices 112 may be used 1n the present inven-
tion. For example, the telephone network device 110 may also
be a network switch, a PBX or other similar device. The VoIP
device 112 may also be a SIP phone, a Media Gateway or
other similar device.

The recording device 104 may be a personal computer,
server or other processing arrangement loaded with an audio
recording software such as Cool Edit. Once iitiated, the
recording device 104 records the analog signal transmitted
between the telephone network device 110 and the VoIP
device 112. The recording device 104 may record the analog
signal as a digital soundwave. The recording device 104 1s
able to access the signal to/from the telephone network device
110 via the telephone tap 102, which monitors the connection
between the telephone network device 110 and the VoIP
device 112. It will be understood by those of skill in the art
that the recording device 104 may include a memory, a dis-
play and/or an audio playback device such that the recordings
of the analog signal may be stored and/or displayed or played

back by a user.

The packet trace tool 108 may be a personal computer, a
server or other processing arrangement that 1s loaded with a
packet analyzer such as Wireshark. The packet trace tool 108
allows a user to see all traffic being passed to/from the IP
network 114 such that packets being transmitted therebe-
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tween may be recorded 1 a packet capture. As data streams
flow across the network 114, the packet trace tool 108 cap-
tures each packet and eventually decodes and analyzes its
contents. The packet trace tool 108 1s able to access the
packets passing between the VoIP device 112 and the IP
Network 114 via the hub 106, which permits connection of

the packet trace tool 108 to both the VoIP device 112 and the
IP network 114.

Although the recording device 104 and the packet trace
tool 108 are shown as two separate devices, 1t will understood
by those of skill 1n the art that the recording device 104 and the
packet trace tool 108 may be a single device. For example, the
recording device 104 and the packet trace tool 108 may be a
single personal computer, server or other processing arrange-
ment loaded with both the audio recording software and the
packet analysis tool. It will also be understood by those of
skill 1n the art that the recorded analog signals and the
recorded packet capture may be transmitted to a processor
(not shown) for determining time values that may be used to
calculate a processing delay. The processor may be a separate
personal computer, server or other processing arrangement
connected to both the recording device 104 and the process-
ing tool 108 such that the recorded analog signal and the
recorded packet capture may be analyzed. Alternatively, the
processor may be a component of one of the recording device
104 and/or the packet trace tool 108.

FIG. 2 shows an exemplary method 200 according to the
present invention, using the system 100, as described above.
The method 200 comprises a first step 210 in which the
recording device 104 and the packet capture tool 108 are
mnitiated. Upon initiation, the recording device 104 will
record all analog signals transmitted between the telephone
network device 110 and the VoIP device 112 in an analog
recording and the packet trace tool 108 will capture all the
data transmitted between the VoIP device 112 and the IP
Network 114 1n a packet capture. Once the recording device
104 and the packet capture tool 108 have been initiated, a
telephone call may be initiated by a first user via the telephone
network device 110 (e.g., a telephone) 1n a step 220. The
telephone call 1s immitiated by dialing digits on the telephone
network device 110. These dialed digits may be converted to
digital packets that are sent via a signaling protocol such as
Session Initiation Protocol (SIP). A SIP Invite 1s sent to a
second user, via the IP Network 114, at the telephone number
being dialed to invite the second user to establish a voice
session. The SIP Invite 1s transmitted across the network and
causes a ringing signal to be sent to the second user. Once
ringing begins at a telephone network device of the second
user, a digital packet of the ringing signal 1s transmitted back
to the VoIP device 112 to be transmitted to the telephone
network device 110 so that the first user may also hear a
ringing signal, which would indicate that the call has been
connected.

When ringing 1s heard by the second user, the second user
may accept the first user’s ivitation for a voice session, 1n a
step 230. The invitation may be accepted by answering the
phone call upon hearing the phone ringing. Once the voice
session has been established, a speech signal may be sent
from the telephone network device 110 to the VoIP device
112, 1n a step 240. The speech signal may be a tone, speech or
any other analog signal sent by the first user via the telephone
network device 110. The VoIP device 112 then converts the
analog speech signal to a packet that may be transmitted using
a format such as Real-time Transfer Protocol (RTP). The
speech signal may eventually be used to relate times that are
recorded by the recording device 104 and the packet trace tool
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108. Once the speech signal has been transmitted, the record-
ing device 104 and the packet trace tool 108 may be stopped,
in a step 250.

It will be understood by those of skill in the art that the
analog recording of the recording device 104 and the packet
capture of the packet tracing tool 108 may be saved to a
memory of each of the devices 104, 108 and/or displayed on
a display of each of the devices 104, 108. Alternatively, the
analog recoding and/or the packet capture may be stored
and/or displayed on a separate memory and/or display.

In a step 260, the analog recordings of the recording device
104 are evaluated to 1dentily a first time T, a second time T,
and a third time T and the packet trace 1s evaluated to deter-
mined a first time S, a second time S, and a third time S,. The
times T,, T, and T; may be referred to herein as “analog time
values” to indicate the times have been derived from the
analog signal. Those skilled in the art will understand that
other time values may also be derived from the analog signal
and these would also be referred to as analog time values.
Similarly, S, S, and S; may be referred to as “digital time
values” to indicate the times have been derived from the
packet trace. For the analog recordings, the first time T,
corresponds to a time in which a final Dual Tone Multi-
Frequency (DTMF) digit ended, in other words, when the last
digit of the telephone number that 1s being dialed has been
entered. The second time T, corresponds to a time when the
ringing signal starts. The third time T; corresponds to a time
when the transmitted signal starts. For the packet trace, the
first time S, corresponds to a time that the SIP Invite was sent.
The second time S, corresponds to a time when the ringing
signal starts. The RTP packets transmitted from the IP Net-
work 114 to the VoIP device 112 may be evaluated to find
when the ringing signal starts. The third time S, corresponds
to the time when the transmitted signal starts. The RTP pack-
ets transmitted from the VoIP device 112 to the IP Network
114 may be evaluated to find when the speech signal starts.

In a step 270, the time values 1dentified 1n the step 260 may
then be used to determine a processing time of the VoIP device
112 to create the SIP Invite packet, D.,», and a processing
time that 1t takes the VoIP device 112 to convert an RTP packet
to an analog signal that 1s transmitted to the telephone net-
work device 110 1n the step 240, D~~~ The processing
delays D,» and D »5~;- may be determined by relating the
time values T,, T,, T; of the analog recording to the time
values S,, S,, S, of the packet capture. The analog recording
and the packet trace may be related using the following equa-
tions:

1+ D o p=5+A (1)

15=5+DprpreptA (2)

13+Dprpxasr=353+A

(3)

Where, A 15 a difference between when the analog recording
and packet captures were started, D, 1s the processing time
used by the VoIP device 112 to create the SIP Invite packet,
D, 532,718 @ processing time 1t takes the VoIP device 112 to
convert the speech signal received from the phone into the
RTP packet and Dy~ 18 the processing time the VolP
device 112 takes to convert the RTP packet into the analog
signal that 1s transmitted.

Using the values of T,, T,, T;, S,, 5, and S, that are
identified by evaluating the analog recording and the packet
capture 1n the equations disclosed above, processing delays of
the VoIP device 112 are calculated in the step 270. Specifi-
cally, 1t 1s possible to calculate D - ;- the time 1t takes the
VoIP device 112 to convert an RTP packet into the analog
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signal, and D, the time 1t takes the VoIP device 112 to create
the SIP Invite packet. The value of D, may be easily
determined within a few ms. For example, 11 the VoIP device
112 of the system 100 1s a terminal adapter that 1s using 20 ms
RTP packets and a G.711 codec, Dy rp1m - may be estimated
to be approximately 21 ms. Additionally, A may be easily
climinated by taking a difference between the first equation
and the third equation and a difference between the second
equation and the third equation, since the value of D1 /7
of the third equation, 1s known.

The difference of the first equation and the third equation
would result 1n an equation that would determine a value of
D.,» as follows:

Dgp=(T3-T1')-(53-5,)+21 ms.

The difference of the second equation and the third equation
would result in an equation that would determine a value of

D, ron~p-as Tollows:

Dy rprey=(53=55)-(13-15)-21 ms.

Thus, using these equations, the time 1t takes the VoIP device
112 to convert an RTP packet into the analog signal, D 50
and the time 1t takes the VoIP device. 112 to create the SIP
Invite packet, D,,, may be determined accordingly.

For example, FIG. 3 shows a screenshot of an exemplary
analog recording according to the present invention. In the
example shown, the last DTMF digit was dialed at approxi-
mately 6 seconds, the ringing signal starts at approximately
13 seconds and the transmuitted signal starts at approximately
14.4 seconds. Since the equations above are measures 1n
milliseconds, the values of T,=6000 ms, T,=13000 ms and
1,=14200 ms may be used in the above equations.

FIGS. 4A-4C show a series of screenshots of an exemplary
packet capture using Wireshark. As shown 1n FIG. 4 A, packet
no. 44, a SIP Invite 1s sent from the telephone network device
110 to the VoIP device 112 at approximately 56.8 seconds.
Thus, S;=56800 ms. The values of S, and S; may be deter-
mined by evaluating the payloads of the transmitted and
received RTP packets 1n the capture. When no signal 1s being,

transmitted, the payload shows a repetitive sequence of hexa-
decimal values, which indicates that the channel 1s 1dle or that
there 1s a low level noise present 1n the channel. As shown in
FIG. 4B, the payload begins to transition from a repeating
pattern to a varying pattern, indicating that a signal 1s being,
transmitted. Based on this assessment of the payload, itcan be
determined that packet no. 631 shows the first RTP packet of
the ringing signal that 1s sent from the VoIP device 112 to the
telephone network device 110 at approximately 63.6 seconds.
Evaluating the payload of F1G. 4C 1n a similar manner, 1t may
be determined that packet no. 796 shows the RTP packet
being transmitted from the telephone network device 110 to
the VoIP device 112 at approximately 635.2 seconds. Thus, the
values of S,=63600 ms and S;=65200 ms may be used in the
equations above. Alternatively, 1t will be understood by those
of skill in the art that the values of S, and S; may be deter-
mined by converting the RTP packets” payloads to an audio
file and using a recording device such as Cooledit to deter-
mine when audio begins in each direction.

Using the exemplary time values of FIGS. 3 and 4A-4C we
may calculate D,» and Dy 5+, as follows:

Dgp=(153-T1)-(S3-5)+21 ms

D ;p=(14400 ms—-6000 ms)—-(65200 ms—-36800 ms)+
21 ms

Do;p=8400 ms—8400 ms+21 ms
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Dprprcr=(53-55)-(13-15)-21 ms

Dprppcr=(65200 ms—-63600 ms)—(14400 ms—13000
ms)-21 ms

Dprppc~—1600 ms—1400 ms—21 ms

Derprcy=179 ms

Thus, based on the exemplary values determined by evaluat-
ing the packet capture and the analog recording, the values of
D.,», the processing time used by the VoIP device 112 to
create the SIP Invite and the Dy 75+, the processing time 1t
takes to convert the signal recerved from the telephone net-
work device 110 to the RTP packet, may be determined. It
should be noted, however, that the above values are exem-
plary values only.

As can be seen from the above examples, the exemplary
embodiments allow for the use of separate capture devices 1n
the analog domain (e.g., the analog recording device) and the
IP domain (e.g., the packet capture device) to take advantage
ol the functionality of these devices. However, the exemplary
embodiments call for a common reference time for a signal
that 1s measured by both devices to create a relationship 1n the
domain between the measurements of both devices, thereby
allowing overall processing times to be related and deter-
mined.

It will be apparent to those skilled in the art that various
modifications and variations may be made 1n the structure and
methodology of the present mvention, without departing
from the spirit or scope of the mnvention. Thus, it 1s intended
that the present invention cover the modifications and varia-
tions of this invention provided that they come within the
scope of the appended claims and their equivalents.

What 1s claimed 1s:

1. A method, comprising:

recording analog signals exchanged between a telephone

device and a Voice-over Internet Protocol (“VoIP”) ter-
minal adapter;

capturing packets exchanged between the VoIP terminal

adapter and an Internet Protocol (*“IP”) network;
determining analog time values corresponding to analog
characteristics of the analog signals;

determining digital time values corresponding to digital

characteristics of the packets, wherein the digital char-
acteristics include a Session Initiation Protocol (“SIP”)
invite packet;

determining a common reference time for the analog time

values and digital time values; and

determining a processing delay based on a difference

between an analog time difference and a digital time
difference.

2. The method of claim 1, wherein the analog time differ-
ence 1s determined basedon T;-T,, wherein T, 1s a first analog
time value of a first analog characteristic corresponding to
when a final digit 1s dialed from the telephone device and T,
1s a second analog time value of a second analog character-
istic corresponding to when a speech signal starts.

3. The method of claim 1, wherein the digital time differ-
ence 1s determined based on S;-S,, wherein S, 1s a first digital
time value of a first digital characteristic corresponding to
when the SIP invite packet was sent and S; 1s a second digital
time value of a second digital characteristic corresponding to
when a speech signal starts.
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4. The method of claim 1, wherein the analog characteris-
tics include one of a final Dual Tone Multi-Frequency digit of
a dialed telephone number, a start of a ringing and a start of a
transmitted signal.

5. The method of claim 1, wherein the digital characteris-
tics further mnclude a start of a ringing and a start of a trans-
mitted signal.

6. The method of claim 1, wherein the processing delay 1s
determined by adding a processing time of the VoIP terminal
adapter to convert an analog signal into a digital signal to the
difference between the analog time difference and the digital
time difference.

7. The method of claim 1, wherein the processing delay 1s
a processing time ol the VoIP terminal adapter to create the
SIP mvite packet.

8. The method of claim 1, wherein the processing delay 1s
a processing time of the VoIP terminal adapter to convert a
packet into an analog signal.

9. The method of claim 1, further comprising;

stopping the recording and capturing after a speech signal
has been transmitted from the telephone device to the
VoIP terminal adapter.

10. The method of claim 1, further comprising:

storing at least one of the analog signals and the packets 1n
a memory.

11. A system, comprising:

a recording device recording analog signals exchanged
between a telephone device and a Voice-over Internet
Protocol (“VoIP”’) terminal adapter;

a packet trace device capturing packets transmitted
between the VolP terminal adapter and an Internet Pro-
tocol (“IP””) network; and

a processor determining analog time values corresponding,
to analog characteristics of the analog signals, determin-
ing digital time values corresponding to digital charac-
teristics of the packets, wherein the digital characteris-
tics include a Session Imitiation Protocol (“SIP”) mvite
packet, determining a common reference time for the
analog time values and digital time values and determin-
ing a processing delay based on a difference between an
analog time difference and a digital time difference.

12. The system of claim 11, wherein the analog time dii-
terence 1s determined based on T5-T,, wherein T, 1s a first
analog time value of a first analog characteristic correspond-
ing to when a final digit 1s dialed from the telephone device
and T; 1s a second analog time value of a second analog
characteristic corresponding to when a speech signal starts.

13. The system of claim 11, wherein the digital time dii-
terence 1s determined lined based on S,-S,, wherein S, 1s a
first digital time value of a first digital characteristic corre-
sponding to when the SIP mvite packet was sent and S; 1s a
second digital time value of a second digital characteristic
corresponding to when a speech signal starts.

10

15

20

25

30

35

40

45

50

8

14. The system of claim 11, wherein the analog character-
istics include one of a final Dual Tone Multi-Frequency digit
of a dialed telephone number, a start of a ringing and a start of
a transmitted signal.

15. The system of claim 11, wherein the digital character-
istics further include a start of a ringing and a start of a
transmitted signal.

16. The system of claim 11, wherein the processing delay
1s determined by adding a processing time of the VoIP termi-
nal adapter to convert an analog signal into a digital signal to
the difference between the analog time difference and the
digital time difference.

17. The system of claim 11, wherein the processing delay
1s a processing time of the VoIP terminal adapter to create a
SIP 1nvite packet.

18. The system of claim 11, wherein the processing delay
1s a processing time of the VoIP terminal adapter to convert a
packet mto an analog signal.

19. A non-transitory computer-readable storage medium
including a set of instructions executable by a processor, the
set of 1nstructions, when executed by the processor, causing
the processor to perform operations comprising:

recording analog signals exchanged between a telephone

device and a Voice-over Internet Protocol (“VolIP”) ter-
minal adapter;

capturing packets exchanged between the VoIP terminal

adapter and an Internet Protocl (“IP”) network;
determiming analog time values corresponding to analog,
characteristics of the analog signals;

determiming digital time values corresponding to digital

characteristics of the packets, wherein the digital char-
acteristics mnclude a Session Initiation Protocol (*SIP™)
invite;

determining a common reference time for the analog time

values and digital time values; and

determining a processing time of the VoIP terminal adapter

to create a SIP invite packet based on a difference
between an analog time difference and a digital time
difference.

20. The non-transitory computer-readable storage medium
of claim 19, wherein the analog time difference 1s determined
based on T,-T,, wherein T, 1s a first analog time value of a
first analog characteristic corresponding to when a final digit
1s dialed from the telephone device and T, 1s a second analog
time value of a second analog characteristic corresponding to
when a speech signal starts, and wherein the digital time
difference 1s determined based on S;-S,, wherein S, 1s a first
digital time value of a first digital characteristic correspond-
ing to when the SIP 1nvite packet was sent and S, 1s a second
digital time value of a second digital characteristic corre-
sponding to when the speech signal starts.

G o e = x



	Front Page
	Drawings
	Specification
	Claims

